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SIP EXCHANGE SYSTEM

CROSS-REFERENCES TO RELATED
APPLICATION

This application claims priority benefit under 35 U.S.C.
sctn. 119 of Japanese Patent Application No. 2006-98625,
filed on Mar. 31, 2006, the entirety of which is incorporated
herein by reference.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a SIP (Session Initiation
Protocol) exchange system which performs communication
between SIP telephones to each other by using SIP call con-
trol and, more specifically, to a SIP exchange system which
can display a telephone number of a called party that is
communicating on a calling SIP telephone, even an incoming
party is changed due to call forwarding or proxy response.

2. Description of the Related Art

A conventional telephone transmission system performs
dialing call, incoming call, communication, displaying a tele-
phone number of a called party, and the like between SIP
telephones through SIP call control of SIP exchange equip-
ment.

In the communication between SIP telephones, when a
calling SIP telephone dials to a called SIP telephone as target
(i.e., telephone number of the called SIP telephone); however,
if “call forwarding” is preset in the called SIP telephone, the
incoming call forwards to a SIP telephone of the call forward-
ing.

And, when a called SIP telephone is ringing for an incom-
ing tone; however, if the user of the called SIP telephone can
not or will not respond to the incoming call, a user of other SIP
telephone operates “special number” to set “proxy service”
and responds to the incoming call, then the SIP telephone of
the proxy response will receive the incoming call.

A conventional SIP exchange system will be described
below. FIG. 6 shows a configuration of a conventional SIP
exchange system. In FIG. 6, a SIP exchange system 50 com-
prises, for example, SIP exchange equipment 51 and SIP
telephones which comprises a SIP terminal 52a, a SIP termi-
nal 525, and a SIP terminal 52¢. The SIP exchange equipment
51 and the SIP telephones are connected to a network NT.

The SIP exchange equipment 51 performs SIP call control
on the SIP terminal 524, SIP terminal 525, and SIP terminal
52c¢. For example, when the SIP terminal 52a (telephone
number “1000”) dials to a telephone number “2000”, the SIP
telephone 524 receives the incoming call (i.e., ringing for the
incoming tone). When the SIP telephone 525 responds the
incoming call, the communication between the SIP terminal
52a and SIP telephone 525 becomes possible.

In this communication, the display of the SIP terminal 52a
displays the called party number “2000”, and the display of
the SIP terminal 524 displays the calling party number
“1000”, so that the telephone number displayed on the one
party corresponds with the other party of communication.

Next, a sequence operation will be described. In this opera-
tion, when the SIP terminal 52a dials to the SIP terminal 525,
the SIP terminal 525 is set “call forwarding” for forwarding to
the SIP terminal 52¢ (telephone number “No. 3000”), or the
SIP terminal 52¢ performs “proxy response” for the incoming
call directed to the SIP terminal 525.

FIG. 7 shows a sequence diagram of call forwarding opera-
tion of an embodiment of a conventional SIP exchange sys-
tem. In addition, a SIP terminal 524, a SIP terminal 525, and
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a SIP terminal 52¢ are represented as SIPa (No. 1000), SIPb
(No. 2000), and SIPc (No. 3000) respectively.

In FIG. 7, the SIP exchange equipment 51 has previously
been set “call forwarding” for forwarding from the SIPb (No.
2000) to the SIPc (No. 3000).

When the SIPa (No. 1000) dials to the SIPb (No. 2000), the
display of the SIPa (No. 1000) displays the called party num-
ber “2000”. Then the SIPa transmits a calling message
“INVITE (to No. 2000)” to the SIP exchange equipment 51,
the SIP exchange equipment 51, which should forward the
call to the party number “3000”, transmits the calling mes-
sage “INVITE (to No. 3000)” to the SIPc (No. 3000).

Upon receiving the calling message “INVITE (to No.
3000)”, the SIPc (No. 3000) transmits a temporary reception
response message “100 Try” to the SIP exchange equipment
51. The SIP exchange equipment 51 then transmits the tem-
porary reception response message “100 Try” to the SIPa
(No. 1000).

Subsequently, when the SIPc (No. 3000) transmits a com-
ing ringing start message “180 Ring” to the SIPa (No. 1000)
viathe SIP exchange equipment 51a, the ringing tone (incom-
ing tone) is generated in the SIPc (No. 3000), and the RBT
(ring back tone) is generated in the SIPa (No. 1000).

Upon listening the ringing tone (incoming tone), the SIPC
(No. 3000) responds the incoming call, and transmits an
incoming response message “200 OK” to the SIPa (No. 1000)
via the SIP exchange equipment 51.

Uponreceiving the incoming response message “200 OK”,
the SIPa (No. 1000) transmits an acknowledgement message
“ACK” to the SIPc (No. 3000) via the SIP exchange equip-
ment 51.

In this state, the SIPa (No. 1000) and the SIPc (No. 3000)
move to the communication; the display of the SIPa (No.
1000) displays the party number “2000”, and the display of
the SIPc (No. 3000) displays the party number “1000”.

Therefore, the display of the SIPc (No. 3000) displays the
party number “1000” that corresponds with the party of com-
munication; however, the display of the SIPa (No. 1000)
displays the party number “2000” (number of the SIP b) that
is different from the party of communication (SIPc (No.
3000)).

FIG. 8 shows a sequence diagram of proxy response opera-
tion of an embodiment of a conventional SIP exchange sys-
tem. In addition, a SIP terminal 524, a SIP terminal 525, and
a SIP terminal 52¢ are represented as SIPa (No. 1000), SIPb
(No. 2000), and SIPC (No. 3000) respectively.

In FIG. 8, when the SIPa (No. 1000) dials to the SIPb (No.
2000), the display of the SIPa (No. 1000) displays the called
party number “2000”, the ringing tone (incoming tone) is
generated in the SIPb (No. 2000), and the RBT (ring-back
tone) is generated in the SIPa (No. 1000). In this state, when
the SIPc (No. 3000) dials a special number, e.g., “YZ” for
“proxy response”, and transmits a calling message “INVITE
(to the special number)” to the SIP exchange equipment 51,
the SIP exchange equipment 51 then transmits an incoming
response message “200 OK” to the SIPa (No. 1000).

When the SIPa (No. 1000) transmits an acknowledgement
response message “ACK” to the SIP exchange equipment 51,
the SIP exchange equipment 51 then transmits a response
message “200 OK” to the SIPc (No. 3000).

Next, when the SIPc (No. 3000) transmits an acknowledge-
ment response message “ACK” to the SIP exchange equip-
ment 51, SIPa (No. 1000) and SIPc (No. 3000) initiate the
communication.

On the other hand, the SIP exchange equipment 51 trans-
mits an incoming cancel message “CANCEL” to the SIPb
(No. 2000), and upon receiving a response message “200
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OK” and a message “487 ReqCancel” from the SIPb (No.
2000), transmits an acknowledgement response message
“ACK” to the SIPb (No. 2000). The SIPb (No. 2000) then
stops the ringing (incoming tone stop).

In this state, the SIPa (No. 1000) and SIP¢ (No. 3000) move
to communication; the display of the SIPa (No. 1000) dis-
plays the party number “20007”, the display of the SIPc (No.
3000) displays the “special number”.

Therefore, the display of the SIPc (No. 3000) displays the
party number “special number YZ” different from the party of
communication (SIPa (No. 1000)), and the display of the SIPa
(No. 1000) displays the party number “2000” different from
the party of communication (SIPc (No. 3000)).

And, the conventional SIP exchange system is known, as
disclosed in Japanese Laid-Open Patent Application No.
2002-152224; hereinafter “patent document 17, which is con-
figured to provide “proxy response” (Refer to the sequence
diagram of the incoming proxy response in FIG. 7 described
above).

The conventional SIP exchange system performs the com-
munication between the SIP telephones to each other by using
the SIP call control; however, there is a problem that causes
reduction in service, because, in the SIP call control until
establishment of communication, the message to notify the
final party number stays in the state of the call initiation. That
is, even the party of communication in response to the incom-
ing call is changed due to the call forwarding or proxy
response, the display of the party number is not changed.
Thus, there is unnatural in that the party number is not corre-
spondence with the party of communication.

And, the telephony transmission system disclosed in the
“patent document 1” also provides the proxy response; how-
ever, it would be predicted that the system becomes unnatural,
because the telephone number is not changed to that of the
incoming party that has been changed due to the proxy
response (the display of the party number is not disclosed in
the patent document 1).

The present invention intends to solve the problem. An
object of the invention is to provide a SIP exchange system in
which the display of the party number is correspondence with
the final party of communication, even the party that responds
incoming call is changed due to the call forwarding or proxy
response.

BRIEF SUMMARY OF THE INVENTION

In order to solve the problem described above, a SIP
exchange system according to the present invention com-
prises a plurality of SIP telephones, SIP exchange equipment,
and a network to which the plurality of SIP telephones and the
SIP exchange equipment are connected; wherein the SIP
exchange equipment includes control part, when the commu-
nication of SIP call sequence between the SIP telephones to
each other is established, for subsequently performing SIP
call replacement sequence, and for performing control to
notify the calling and called telephone numbers when call
forwarding or proxy response.

In the SIP exchange system according to the present inven-
tion, the SIP exchange equipment includes the control part for
subsequently performing the SIP call replacement, when the
communication of the SIP call sequence between the SIP
telephones to each other is established, and for performing
control to notify the calling and called telephone numbers
when call forwarding or proxy response, so that the SIP
exchange equipment, after establishment of the communica-
tion between the SIP telephones to each other, can notify the
party number corresponding to the party of communication,
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even the call forwarding or proxy response occurs, by subse-
quently performing the SIP call replacement sequence.

And, the control part according to the present invention
includes sequence part for detecting the response of the call
forwarding or proxy response, and for controlling the
sequence operation of the SIP call replacement sequence for
notification of the telephone number.

The control part according to the present invention
includes sequence part for detecting the response of the call
forwarding or proxy response, and for controlling the
sequence operation of the SIP call replacement sequence for
notification of the telephone number, so that the control part,
upon establishment of the communication, can perform the
sequence operation for notifying the telephone number of the
party of communication, and notify a message of the number
of'the one party to the other party.

Further, the SIP exchange equipment according to the
present invention includes storage part for storing sequence
program for the SIP call sequence and SIP call replacement
sequence.

The SIP exchange equipment according to the present
invention includes storage part for storing the sequence pro-
gram for the SIP call sequence and SIP call replacement
sequence, so that the SIP exchange equipment can provide the
communicating state based on the call forwarding or proxy
response through the SIP call sequence, and notify the party
number through the SIP call replacement sequence.

And, a SIP telephone of calling party according to the
present invention, during the call forwarding, changes the
display of the telephone number from that of the party
directed by the dialing to that of the party directed by the call
forwarding, base on the notification of the telephone number
sent from the SIP exchange equipment.

The SIP telephone of calling party according to the present
invention, during the call forwarding, changes the display of
the telephone number from that of the party directed by the
dialing to that of the party directed by the call forwarding,
base on the notification of the telephone number sent from the
SIP exchange equipment, so that it is able to recognize the
party via the display of the telephone number, even the party
that responds the incoming call is different from the party
directed by the dialing.

Further, a SIP telephone of calling party according to the
present invention, during the proxy response, changes the
display of the telephone number from that of the party
directed by the dialing to that of the party corresponding to the
proxy response, base on the notification of the telephone
number sent from the SIP exchange equipment; while a SIP
telephone of the proxy response party changes the display of
the telephone number from a special telephone number to the
number of the calling party, base on the notification of the
telephone number sent from the SIP exchange equipment.

The SIP telephone of calling party according to the present
invention, during the proxy response, changes the display of
the telephone number from that of the party directed by the
dialing to that of the party corresponding to the proxy
response to the party directed by the dialing, base on the
notification of the telephone number sent from the SIP
exchange equipment; while the SIP telephone of the proxy
response party changes the display of the telephone number
from the special telephone number to the number of the
calling party, base on the notification of the telephone number
sent from the SIP exchange equipment. Consequently, the
calling party can recognize the party that responds the incom-
ing call via the display of the telephone number; even the
party that responds the incoming call is different from the
party directed by the dialing; while the party of proxy
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response can recognize the calling party, because the display
of the telephone number is changed from the special number
to that of the calling party.

That is, the present invention has the effects as follow:

In the SIP exchange system according to the present inven-
tion, the SIP exchange equipment includes the control part for
subsequently performing the SIP call replacement sequence,
when the communication of the SIP call sequence between
the SIP telephones to each other is established, and for per-
forming control to notify the calling and called telephone
numbers when call forwarding or a proxy response, so that the
SIP exchange equipment, after establishment of the commu-
nication between the SIP telephones to each other, can notify
the party number corresponding to the party of communica-
tion, even the call forwarding or proxy response occurs, by
subsequently performing the SIP call replacement sequence.
Therefore, there is an advantage in easy-to-use with the
agreement between the party of communication and the dis-
play of the party number.

The control part according to the present invention
includes sequence part for detecting the response of the call
forwarding or proxy response, and for controlling the
sequence operation of the SIP call replacement sequence for
notification of the telephone number, so that the control part,
upon establishment of the communication, can perform the
sequence operation for notifying the telephone number of the
party of communication, and notify a message of the number
of the one party to the other party. Therefore, it is able to
display the telephone number of the final communicating
party on each SIP telephone.

The SIP exchange equipment according to the present
invention includes storage part for storing the sequence pro-
grams of the SIP call sequence and SIP call replacement
sequence, so that the SIP exchange equipment can provide the
communicating state based on the call forwarding or proxy
response through the SIP call sequence, and notify the party
number through the SIP call replacement sequence. There-
fore, it is able to agree between the party of communication
and the display of the party number.

The SIP telephone of calling party according to the present
invention, during the call forwarding, changes the display of
the telephone number from that of the party directed by the
dialing to that of the party directed by the call forwarding,
base on the notification of the telephone number sent from the
SIP exchange equipment, so that it is able to recognize the
party via the display of the telephone number, even the party
that responds the incoming call is different from the party
directed by the dialing. Therefore, it is able to previously
avoid an unnecessary judge miss.

The SIP telephone of calling party according to the present
invention, during the proxy response, changes the display of
the telephone number from that of the party directed by the
dialing to that of the party corresponding to the proxy
response, base on the notification of the telephone number
sent from the SIP exchange equipment; while the SIP tele-
phone of the proxy response party changes the display of the
telephone number from the special telephone number to the
number of the calling party, base on the notification of the
telephone number sent from the SIP exchange equipment.
Consequently, the calling party can recognize the party that
responds the incoming call via the display of the telephone
number; even the party that responds the incoming call is
different from the party directed by the dialing; while the
called party of proxy response can recognize the calling party,
because the display of the telephone number is changed from
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6

the special number to the telephone number of the calling
party. Therefore, it is able to previously avoid an unnecessary
judge miss.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram showing total configuration of a
SIP exchange system of an embodiment according to the
present invention;

FIG. 2 is a sequence diagram showing call forwarding
operation of a SIP exchange system of an embodiment
according to the present invention;

FIG. 3 is a sequence diagram showing proxy response
operation of a SIP exchange system of an embodiment
according to the present invention;

FIG. 4 is a transition diagram of the party number display
during call forwarding of an embodiment according to the
present invention;

FIG. 5 is a transition diagram of the party number display
during proxy response of an embodiment according to the
present invention;

FIG. 6 is a configuration of a conventional SIP exchange
system,

FIG. 7 is a sequence diagram showing call forwarding
operation of a conventional SIP exchange system; and

FIG. 8 is a sequence diagram showing proxy response
operation of a conventional SIP exchange system.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

Hereinafter, an embodiment according to the present
invention will be described in conjunction with the accompa-
nying drawings. FIG. 1 is a block diagram showing total
configuration of a SIP exchange system of an embodiment
according to the present invention. In FIG. 1, a SIP exchange
system 1 comprises a SIP exchange equipment 2 which glo-
bally operates the system with SIP (Session Initiation Proto-
col) call control and SIP call replace control, SIP telephones
3a to 3n, and a network NT such as Internet or Wide LAN to
which the SIP exchange equipment 2 and the SIP telephones
3a to 3n are connected. In addition, the telephone number of
the SIP telephone 3a is “No. 10007, telephone number of the
SIP telephone 35 is “No. 2000”, and telephone number of the
SIP telephone 3¢ is “No. 3000”.

The SIP exchange equipment 2 having control part 4 and
storage part 5 performs communication control among the
SIP telephones 3a to 3#, through the SIP call control, and
performs control to mutually display the telephone numbers
of'the SIP telephones 3a to 37 that are finally communicating
with, through the SIP call replacement control.

When mutually establishing the communication of the SIP
call sequence among the SIP telephones 3a to 3#, the control
part 4 subsequently performs the SIP call replacement
sequence, and performs control to notify the telephone num-
ber of the calling and called party during the call forwarding
O Proxy response.

And, when a SIP telephone (e.g., SIP telephone 35 “No.
2000) previously sets a destination to forward (SIP tele-
phone 3¢ “No. 30007) for “call forwarding”, the control part
4, upon incoming call to the “number 2000, controls to
immediately forward the incoming call to the party of the call
forwarding (SIP telephone 3¢ “No. 30007).

Further, when the control part 4 receives a calling (instruc-
tion for ringing) to an arbitrary SIP telephone (e.g., SIP tele-
phone 35 in which call forwarding is not set) and recognizes
a special number “No.YZ” for proxy response from other SIP
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telephone (e.g., SIP telephone 3¢), controls to stop the calling
to the SIP telephone 35, and initiate calling (instruction for
ringing) to the SIP telephone 3c.

And, the control part 4 includes sequence part 6 which,
upon detecting response of a SIP telephone (e.g., SIP tele-
phone 3¢ “No. 3000”) with call forwarding or proxy response
and communication between the SIP telephone (SIP tele-
phone 3¢ “No. 3000”) and a SIP telephone (e.g., SIP tele-
phone 3a “No. 10007) that has initiated dialing, immediately
performs the call replacement sequence, notifies the party
number of communication “No. 3000” to the SIP telephone
3a and the party number of communication “No. 1000” to the
SIP telephone 3¢ respectively, and controls to display “party
number 3000 on the display of the SIP telephone 3a and
“party number 1000 on the display of the SIP telephone 3c.

In this way, the control part 4 according to the present
invention includes the sequence part 6 for detecting the
response through the call forwarding or proxy response, and
for controlling the sequence operation of the SIP call replace-
ment sequence for the telephone number notification, so that,
the control part 4, upon establishment of the communication,
performs the sequence operation to notify each telephone
number ofthe parties communicating with, and can notify the
messages of parties communicating with (e.g., “party num-
ber: 3000” and “party number: 1000”) to the SIP telephones
(e.g., SIP telephones 3a and 3c¢). Therefore, the control part 4
can display the telephone numbers of the final communicat-
ing parties on each SIP telephones.

The storage part 5 which comprises a memory such as flash
memory or EEPROM, stores sequence programs of the SIP
call sequence and SIP call replacement sequence, and trans-
mits each program to the control part 4 based on the instruc-
tion thereof.

Also, the storage part 5 stores the telephone numbers “No.
10007 to “No. xxxx” corresponding to the SIP telephones 3a
to 3n, and stores a telephone number at each event such as dial
initiation, incoming call, setting of call forwarding, or proxy
response, based on an instruction from the control part 4.

In this way, the SIP exchange equipment 2 includes the
storage part 5 for storing the sequence programs of the SIP
call sequence and SIP call replacement sequence, so that the
SIP exchange equipment 2 can provide the communicating
state of the call forwarding or proxy response through the SIP
call sequence, and notify the number of the party of commu-
nication through the SIP call replacement sequence. There-
fore, it is able to provide agreement between the party of
communication and the display of the telephone number.

The SIP telephones 3a to 3 are given the telephone num-
bers “1000” to “xxxx” respectively, and have the displays 7a
to 7n each of which displays the communication between the
telephones and the telephone number of the party in commu-
nication (party number in communication) through the con-
trol of the SIP call sequence and SIP call replacement
sequence of the control part 4.

The SIP telephone of calling party (e.g., SIP telephone 3a),
during the call forwarding, changes the display of the tele-
phone number from that (e.g., “2000”) of the destination
directed by the dialing (SIP telephone 34) to that (e.g.,
“3000”) of the destination directed by the call forwarding
(SIP telephone 3c¢), base on the notification of the telephone
number sent from the SIP exchange equipment 2, so that it is
able to recognize the party of communication via the display
of the telephone number, even the party that responds the
incoming call is different from the party directed by the
dialing.

Also, the SIP telephone of calling party (e.g., SIP tele-
phone 3a), during the proxy response, changes the display of
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the telephone number from that (e.g., “2000”) of the party
directed by the dialing (SIP telephone 34) to that (e.g.,
“30007”) of the party corresponding to the proxy response
(SIP telephone 3c¢), base on the notification of the telephone
number sent from the SIP exchange equipment 2; while the
SIP telephone of the proxy response party (e.g., SIP telephone
3c¢) changes the display of the telephone number from the
special telephone number (e.g., “YZ”) to the number (e.g.,
“10007) of the calling party (SIP telephone 3a), base on the
notification of the telephone number sent from the SIP
exchange equipment 2, so that the calling party can recognize
the party (SIP telephone 3c¢) via the display of the telephone
number (“3000”), even the party that responds the incoming
call is different from the party directed by the dialing; while
the called party of proxy response can recognize the party,
because the display of the telephone number is changed from
the special number to the telephone number (“1000”) of the
calling party.

Therefore, the SIP telephone 3a displays the telephone
number “3000” of the SIP telephone 3¢ that is the party of
communication, even the party that responds the incoming
callis changed from the SIP telephone 35 to the SIP telephone
3¢ due to the call forwarding or proxy response, so that it is
able to recognize the party of communication, and to previ-
ously avoid an unnecessary judge miss.

Next, a sequence operation in which, when the SIP termi-
nal 3a dials to the SIP terminal 35, the destination directed by
the dialing is the SIP terminal 3¢ due to the SIP terminal 35
being set to “call forwarding™; or the SIP terminal 3¢ of
“proxy response” receives the incoming call to the SIP ter-
minal 35, will be described.

FIG. 2 is a sequence diagram showing call forwarding
operation of a SIP exchange system of an embodiment
according to the present invention. In addition, the SIP tele-
phone 3a, SIP telephone 35, and SIP telephone 3¢ are repre-
sented as a SIP 1, a SIP 2, and SIP 3 respectively.

In FIG. 2, the SIP exchange equipment 2 has previously
been set to the “call forwarding” of forwarding a call from the
SIP 2 (No. 2000) to the SIP 3 (No. 3000).

When the SIP 1 (No. 1000) dials to the SIP 2 (No. 2000),
the display 7a of the SIP 1 (No. 1000) displays the “party
number 2000”, and when the SIP 1 (No. 1000) transmits a
calling message “INVITE (to No. 2000)” to the SIP 2 (No.
2000), the SIP 2 (No. 2000) transmits a calling message
“INVITE (to No. 3000)” to the SIP 3 (No. 3000) because of
forwarding the call to the “party number 3000”.

When the SIP 3 (No. 3000) receives the calling message
“INVITE (to No. 3000)”, transmits a temporary reception
response message “100Try” to the SIP exchange equipment
2. The SIP exchange equipment 2 then transmits the tempo-
rary reception response message “100 Try” to the SIP 1 (No.
1000).

Subsequently, when the SIP 3 (No. 3000) transmits an
incoming ring start message “180 Ring” to the SIP 1 (No.
1000) via the SIP exchange equipment 2, a ringing tone
(incoming tone) is generated in the SIP 3 (No. 3000), and a
RBT (ring back tone) is generated in the SIP 1 (No. 1000).

When the SIP 3 (No. 3000) responds the incoming call by
listening the ringing tone (incoming tone), transmits an
incoming response message “200 OK” to the SIP 1 (No.
1000) via the SIP exchange equipment 2.

When the SIP 1 (No. 1000) receives the incoming response
message “200 OK”, transmits an acknowledgement response
message “ACK” to the SIP 3 (No. 3000) via the SIP exchange
equipment 2.

In this state, the communication between the SIP 1 (No.
1000) and SIP 3 (No. 3000) is established; and the display 7a
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of'the SIP 1 (No. 1000) displays “party number 2000” and the
display 7¢ of the SIP 3 (No. 3000) displays “party number
1000

When the communication between the SIP 1 (No. 1000)
and SIP 3 (No. 3000) is established, the SIP exchange equip-
ment 2 initiates the SIP replacement sequence, and transmits
a message “INVITE (replaces)” to both of the SIP 1 (No.
1000) and SIP 3 (No. 3000).

When the SIP 1 (No. 1000) and SIP 3 (No. 3000) receive
the message “INVITE (replace)”, transmit response mes-
sages “200 OK” to the SIP exchange equipment 2 respec-
tively.

Next, when the SIP exchange equipment 2 transmits an
acknowledgement response “ACK” to the SIP 1 (No. 1000)
and SIP 3 (No. 3000), the SIP 1 (No. 1000) and SIP 3 (No.
3000) transmit finish messages “BYE” to the SIP exchange
equipment 2 respectively.

When the SIP exchange equipment 2 receives the finish
messages “BYE”, transmits a response message “200 OK” to
the SIP 1 (No. 1000) and SIP 3 (No. 3000), and finishes the
SIP replacement sequence.

During the SIP replacement sequence, the SIP exchange
equipment 2 notifies number information “3000” to the SIP 1
(No. 1000) and number information “1000” to the SIP 3 (No.
3000).

When the SIP 1 (No. 1000) receives the number informa-
tion “3000”, changes the “party number 2000” displayed on
the display 7a represented in FIG. 1 to the “party number
30007

On the other hand, when the SIP 3 (No. 3000) receives the
number information “1000”, displays the “party number
1000” on the display 7¢ represented in FIG. 1. However,
display 7¢ has already displayed the “party number 1000”
before the SIP replacement sequence.

Because of performing exchange of the party number
information with the SIP replacement sequence describe
above, the SIP 1 (No. 1000) and SIP 3 (No.3000) can perform
the communication each other; and the display of the SIP 1
(No. 1000) displays “party number 3000” and the display of
the SIP 3 (No. 3000) displays “party number 1000”. There-
fore, it is able to agree the party of communication and the
party number display thereof.

FIG. 3 is a sequence diagram showing proxy response
operation of a SIP exchange system of an embodiment
according to the present invention. In addition, the SIP tele-
phone 3a, SIP telephone 35, and SIP telephone 3¢ are repre-
sented as a SIP 1, a SIP 2, and SIP 3 respectively.

InFIG. 3, when the SIP 1 (No. 1000) dials to the SIP 2 (No.
2000), the display 7a of the SIP 1 (No. 1000) displays the
“called party number 20007, then the ringing tone (incoming
tone) is generated in the SIP 2 (No. 2000), and the RBT (ring
back tone) is generated in the SIP 1 (No. 1000). In this state,
when the SIP 3 (No. 3000) dials a special number “YZ” for
the proxy response, and transmits a calling message “INVITE
(to the special number)” to the SIP 2 (No. 2000), the SIP 2
(No. 2000) transmits an incoming response message “200
OK” to the SIP 1 (No. 1000).

When the SIP 1 (No. 1000) transmits an acknowledgement
message “ACK” to the SIP exchange equipment 2, the SIP
exchange equipment 2 transmits a response message “200
OK” to the SIP 3 (No. 3000).

Subsequently, when the SIP 3 (No. 3000) transmits an
acknowledgement response “ACK” to the SIP exchange
equipment 2, the SIP 1 (No. 1000) and SIP 3 (No. 3000)
initiate the communication.

On the other hand, when the SIP exchange equipment 2
transmits an incoming cancel message “CANCEL” to the SIP
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2 (No. 2000), and transmits an acknowledgement response
message “ACK” after receiving a response message “200
OK” and a message “487 ReqCancel” from the SIP 2 (No.
2000), the SIP 2 (No. 2000) stops the calling (incoming tone
stop).

In this state, the SIP 1 (No. 1000) and SIP 3 (No. 3000) are
in the communication; and the display 7a of the SIP 1 (No.
1000) displays the “party number 3000” and the display 7¢ of
the SIP 3 (No. 3000) displays the “special number (YZ)”.

When the communication between the SIP 1 (No. 1000)
and SIP 3 (No. 3000) is established, the SIP exchange equip-
ment 2 initiates the SIP replacement sequence, and transmits
a message “INVITE (replaces)” to both of the SIP 1 (No.
1000) and SIP 3 (No. 3000).

When the SIP 1 (No. 1000) and SIP 3 (No. 3000) receive
the message “INVITE (replaces)”, transmit response mes-
sages “200 OK” to the SIP exchange equipment 2.

Next, when the SIP exchange equipment 2 transmits an
acknowledgement response “ACK” to the SIP 1 (No. 1000)
and SIP 3 (No. 3000), the SIP 1 (No. 1000) and SIP 3 (No.
3000) finish messages “BYE” to the SIP exchange equipment
2.

When the SIP exchange equipment 2 receives the finish
messages “BYE”, transmits response messages “200 OK” to
the SIP 1 (No. 1000) and SIP 3 (No. 3000), and finishes the
SIP replacement sequence.

During the SIP replacement sequence, the SIP exchange
equipment 2 notifies number information “3000” to the SIP 1
(No. 1000) and number information “1000” to the SIP 3 (No.
3000).

When the SIP 1 (No. 1000) receives the number informa-
tion “3000”, changes the “party number 2000” displayed on
the display 7a represented in FIG. 1 to the “party number
3000.

On the other hand, when the SIP 3 (No. 3000) receives the
number information “1000”, changes the “party number YZ”
displayed on the display 7¢ represented in FIG. 1 to the “party
number 1000”.

Because of performing exchange of the party number
information with the SIP replacement sequence describe
above, the SIP 1 (No. 1000) and SIP 3 (No.3000) can perform
the communication each other; and the display of the SIP 1
(No. 1000) displays “party number 3000” and the display of
the SIP 3 (No. 3000) displays “party number 1000”. There-
fore, it is able to agree the party of communication and the
party number display thereof.

FIG. 4 is a transition diagram of the party number display
during call forwarding of an embodiment according to the
present invention. In addition, the SIP telephone 36 (No.
2000) has previously been set to the call forwarding in which
calls that the SIP telephone 3a (No. 1000) dials forward to the
SIP telephone 3¢ (No. 3000). It is shown that the party num-
ber display on the display 7a of the SIP 1 (No. 1000) and on
the display 7¢ of the SIP 3 (No. 3000).

In FIG. 4, when the SIP call sequence, the display 7a
displays the “party number 2000” and the display 7¢ displays
the “party number 1000”.

When moving to the SIP call replacement sequence, the
display 7a changes the display from the “party number 2000”
to the “party number 3000”’; while the display 7¢ still displays
the “party number 1000”; i.e., no change.

FIG. 5 is a transition diagram of the party number display
during proxy response of an embodiment according to the
present invention. In addition, when the SIP telephone 3a
(No. 1000) dials to the SIP telephone 35 (No. 2000), the SIP
telephone 35 (No. 2000) receives the incoming call (ringing).
It is shown that the party number display on the display 7a of
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the SIP telephone 3a and on the display 7¢ of the SIP tele-
phone 3¢, when the SIP telephone 3¢ performs the proxy
response with operating a special number.

In FIG. 4, the display 7a displays the “party number 2000”
and the display 7¢ displays the “special number Y7’ when the
SIP call sequence.

When moving to the SIP call replacement sequence, the
display 7a changes the display form the “party number 2000”
to the “party number 30007; the display 7¢ changes the dis-
play from the “special number YZ” to the “party number
1000”.

As described above, in the SIP exchange system 1 accord-
ing to the present invention, the SIP exchange equipment 2
includes the control part for subsequently performing the SIP
call replacement sequence, when the communication
between the SIP telephones (the SIP telephone 3a and SIP
telephone 3c¢) is established through the SIP call sequence,
and for performing the control to notify the telephone num-
bers of the calling party (SIP telephone 3a) and the response
party (SIP telephone 3c¢) of the call forwarding or proxy
response, so that by subsequently performing the SIP call
replacement sequence after establishment of the communica-
tion between the SIP telephones each other, it is able to notify
the party number corresponding to the party of communica-
tion, even the call forwarding or proxy response occurs.
Therefore, there is an advantage in easy-to-use with the
agreement between the communicating party and the display
of the party number.

Because the SIP exchange system according to the present
invention provides the agreement between the final party in
communication and the display of the party number, it can
apply to any SIP exchange system utilizing the SIP call con-
trol.

In addition, while the invention is described herein in con-
junction with exemplary embodiments, it is evident that many
alternatives, modifications, and variations will be apparent to
those skilled in the art. Accordingly, the embodiments of the
invention in the preceding description are intended to be
illustrative, rather than limiting, of the spirit and scope of the
invention. More specifically, it is intended that the invention
embrace all alternatives, modifications, and variations of the
exemplary embodiments described herein that fall within the
spirit and scope of the appended claims or the equivalents
thereof.

What is claimed is:
1. A Session Initiation Protocol (SIP) exchange system
comprising:
a plurality of SIP telephones;
SIP exchange equipment; and
anetwork to which the plurality of SIP telephones and the
SIP exchange equipment are connected,
wherein the SIP exchange equipment includes a control
part configured to:
initiate a SIP call replacement sequence when i) a
response is detected from a response party’s SIP tele-
phone receiving a forwarded call or a proxy response
is detected from a response party’s SIP telephone and
i1) communication of a SIP call sequence between the
response party’s SIP telephone and a calling party’s
SIP telephone is established; and
thereafter notify the calling party’s SIP telephone of the
response party’s telephone number and notify the
response party’s SIP telephone of the calling party’s
telephone number during the SIP call replacement
sequence,
wherein the SIP call replacement sequence includes:
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transmitting an invite message from the SIP exchange
equipment to each of the calling party’s SIP telephone
and the response party’s SIP telephone;

transmitting a first response message from each of the
calling party’s SIP telephone and the response party’s
SIP telephone to the SIP exchange equipment when
each of the calling party’s SIP telephone and the
response party’s SIP telephone receives the invite
message;

transmitting an acknowledgement response message
from the SIP exchange equipment to each of the call-
ing party’s SIP telephone and the response party’s SIP
telephone when the SIP exchange equipment receives
the first response message.

2. The SIP exchange system according to claim 1, wherein
the control part further includes a sequence part configured
to:

detect the response or the proxy response; and

control the sequence operation of the SIP call replacement

for the telephone number notification.

3. The SIP exchange system according to claim 1, wherein
the SIP exchange equipment further includes a storage part
configured to store sequence programs of the SIP call
sequence and SIP call replacement sequence.

4. The SIP exchange system according to claim 1, wherein

a response is detected from a response party’s SIP tele-

phone receiving a forwarded call, and

the calling party’s SIP telephone changes display, based on

the telephone number notification provided from the SIP
exchange equipment, from the telephone number of the
destination directed by dialing to the response party’s
telephone number.

5. The SIP exchange system according to claim 1, wherein

a proxy response is detected from a response party’s SIP

telephone,

the calling party’s SIP telephone changes display, based on

the telephone number notification provided from the SIP
exchange equipment, from the telephone number of the
destination directed by dialing to the response party’s
telephone number, and

the response party’s SIP telephone changes display, based

on the telephone number notification provided from the
SIP exchange equipment, from a special number to the
calling party’s telephone number.

6. The SIP exchange system according to claim 1, wherein
the SIP call replacement sequence further includes:

transmitting a finish message from each of the calling

party’s SIP telephone and the response party’s SIP tele-
phone to the SIP exchange equipment when each of the
calling party’s SIP telephone and the response party’s
SIP telephone receives the acknowledgement response
message; and

transmitting a second response message from the SIP

exchange equipment to each of the calling party’s SIP
telephone and the response party’s SIP telephone when
the SIP exchange equipment receives the finish message
to finish the SIP call replacement sequence.

7. A method for controlling Session Initiation Protocol
(SIP) exchange equipment connected to a plurality of SIP
telephones via a network, the method comprising:

detecting a response from a response party’s SIP telephone

receiving a forwarded call or a proxy response from a
response party’s SIP telephone;

establishing communication of a SIP call sequence

between the response party’s SIP telephone and a calling
party’s SIP telephone;



US 8,107,461 B2

13

initiating a SIP call replacement sequence when the
response or the proxy response is detected and the com-
munication of the SIP call sequence between the
response party’s SIP telephone and the calling party’s
SIP telephone is established; and
thereafter notifying the calling party’s SIP telephone of the
response party’s telephone number and notifying the
response party’s SIP telephone of the calling party’s
telephone number during the SIP call replacement
sequence,
wherein the SIP call replacement sequence includes:
transmitting an invite message from the SIP exchange
equipment to each ofthe calling party’s SIP telephone
and the response party’s SIP telephone;
transmitting a first response message from each of the
calling party’s SIP telephone and the response party’s
SIP telephone to the SIP exchange equipment when
each of the calling party’s SIP telephone and the
response party’s SIP telephone receives the invite
message;

5
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transmitting an acknowledgement response message
from the SIP exchange equipment to each of the call-
ing party’s SIP telephone and the response party’s SIP
telephone when the SIP exchange equipment receives
the first response message.
8. The method according to claim 7, wherein the SIP call
replacement sequence further includes:
transmitting a finish message from each of the calling
party’s SIP telephone and the response party’s SIP tele-
phone to the SIP exchange equipment when each of the
calling party’s SIP telephone and the response party’s
SIP telephone receives the acknowledgement response
message; and
transmitting a second response message from the SIP
exchange equipment to each of the calling party’s SIP
telephone and the response party’s SIP telephone when
the SIP exchange equipment receives the finish message
to finish the SIP call replacement sequence.
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